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MICROPHONE AND METHOD FOR
MODELLING MICROPHONE
CHARACTERISTICS

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates to a microphone as well as to
a method for modelling microphone characteristics.

2. Description of Related Art

Microphones are known which allow a manipulation of
their output signals based on filters in the microphone.

SUMMARY OF THE INVENTION

It is desirable to change the characteristics of a microphone
to be able to adapt the microphone to different characteristics
such that it is able to imitate or model other microphones.

It is therefore an object of the invention to provide a micro-
phone which can imitate or model other microphones as well
as a method for modelling a microphone.

Therefore, a method of modelling microphone character-
istics of a target microphone is provided. An impulse
response of target microphones is measured over different
angles. A signal conditioning on the measurement data is
performed. The spatial response based on a spatial response
matching algorithm is matched and filter parameters and/or
model parameters are determined.

According to an aspect of the invention, the signal condi-
tioning comprises at least one of a time alignment, a trunca-
tion of the measurement data, a sinusoidal eccentricity
removal, a smoothing and a symmetrising.

According to a further aspect of the invention, the spatial
response matching algorithm is one of a constraint least
square algorithm, a least square DB algorithm, a first order
projection algorithm, a directivity index matching algorithm
and a defuse field matching algorithm.

According to a further aspect of the invention, the model
parameters are linear or non-linear model parameters.

Therefore, a microphone comprising at least a first and
second microphone capsule, at least a first and second filter
and a model unit for performing a processing based on the
model is provided. The filter parameter of the first and second
filter and the parameters of the model of the model unit are
determined based on spatial measurements of a target micro-
phone which is to be modelled or imitated such that the
microphone performs as the target microphone.

The (non-linearity) parameters are determined by mea-
surements, by physical models and/or by tuning by ear.

Further aspects of the invention are defined in the depen-
dent claims.

WITH REFERENCE TO THE FIGURES BRIEF
DESCRIPTION OF THE DRAWINGS

FIG. 1 shows a schematic diagram of'a microphone accord-
ing to a first embodiment;

FIG. 2 shows a flow chart of a method of modelling a
microphone according to a second embodiment;

FIGS. 3 and 4 show different polar patterns of a source
microphone as well as a polar pattern of a microphone accord-
ing to the invention; and

FIG. 5 shows a schematic flow chart of a method for deter-
mining characteristics of a target microphone according to a
third embodiment.

DETAILED DESCRIPTION OF EMBODIMENTS

Itis to be understood that the figures and descriptions of the
present invention have been simplified to illustrate elements
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that are relevant for a clear understanding of the present
invention, while eliminating, for purposes of clarity, many
other elements which are conventional in this art. Those of
ordinary skill in the art will recognize that other elements are
desirable for implementing the present invention. However,
because such elements are well known in the art, and because
they do not facilitate a better understanding of the present
invention, a discussion of such elements is not provided
herein.

The present invention will now be described in detail onthe
basis of exemplary embodiments.

The microphones or microphone capsules according to the
first embodiment detect audio signals and these detected
audio signals undergo audio processing based on a number of
parameters and/or characteristics to obtain a desired output
audio signal. The desired parameters and characteristics will
be determined beforehand and can be stored e.g. in the micro-
phone or somewhere else.

FIG. 1 shows a block diagram of a microphone according
to a first embodiment. The microphone comprises at least a
first and second microphone capsule M1 (front), M2 (back).
The first microphone capsule M1 is coupled to a first filter F1
and the second microphone capsule M2 is coupled to a second
filter F2. The first and second filter F1, F2 are coupled to a
summation unit SU, where the outputs of the first and second
filter F1, F2 are summed. The result of this summation is
forwarded to a non-linearity model unit NLM where the
signal from the summation unit SU is undergoing a process-
ing based on a non-linearity model. The model unit LNM can
also be implemented as a linear model unit with a processing
based on a linear model.

Filter characteristics F1C, F2C of'the first and second filter
(F1, F2) as well as the characteristics of the (non-linearity)
model unit NLM are determined during a modelling process-
ing of a microphone which is to be imitated.

The first and second filter F1, F2 can be FIR or IIR filter as
well as suitable combination of both. A subsequent signal
processing can be implemented as simple as possible on a
host.

The non-linearity model of the non-linearity model unit is
used to imitate a non-linear behaviour of a target microphone.

The non-linear behaviour is frequency dependent as dis-
tortions in low frequency signals can be identified easier than
distortions in high frequency signals.

Alternatively to what is shown in FIG. 1, the non-linearity
model unit NLLM can also be arranged before or directly after
the first and second filter unit F1, F2.

FIG. 2 shows a flow chart of a method of modelling a
microphone according to a second embodiment. In the second
embodiment, the modelling of a specific microphone will be
described in more detail. The obtained characteristics and
parameters can for example be stored in the microphone
according to the first embodiment. The flow starts with S1
where a set of accurate impulse response is determined over
angle. Then the flow continues to step S2 where a signal
conditioning of the measured data is performed. Thereafter,
the flow continues to step S3 where a spatial response match-
ing is performed using different algorithms. Then in step S4,
a selection and filtering algorithm is performed and finally in
step S5, an optimization step is performed.

According to the second embodiment, a spatial modelling
of a microphone is performed. The spatial modelling is
advantageous as the diffused sound (i.e., sound from random
incident angles) is weighted as it would have been done in a
microphone which is to be modelled or imitated.

With the method for modelling a target microphone, it is
desirable to match the frequency dependent polar pattern of a
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target microphone for example with a microphone and a
method of modelling a microphone according to a first
embodiment.

In step S1, the accurate impulse response is detected over
angle measurements. In particular, the acoustical measure-
ments are taken by the first and second microphone capsule.
The measurements can be in form of impulse responses, for
example a recording impulse, sine sweeps, mls signals or etc.
The impulse responses of all front end signals are taken
simultaneously in order to be able to detect time delays
between the signals. The impulse responses are taken over
angles over 360°. The measurements can for example be
taken by 5° increments.

In addition, to be able to more closely detect the three
dimensional polar patterns, rings of measurements at more
than one angle (horizontal, vertical) can be taken. The mea-
surements can be taken at many different azimuth and eleva-
tion angles.

In addition, a reference measurement can be taken. This
reference measurement can be deconvolved out of the signal
to ensure that the measurements originate from the micro-
phone and not any other sound sources. Furthermore, the use
of sine sweeps is advantageous to avoid weak non-linearities
in the entire system.

In step S2, the signal conditioning of the measurement data
is performed. The signal conditioning can be performed by a
great number of techniques or methods. These methods may
include a time alignment. Here, the target and one of the
source signals, for example the front capsule, are time
aligned. A further signal conditioning technique is truncation.
Here, the truncation of the measurement is used to reduce
obvious late reflections. Alternatively or additionally, win-
dowing may also be implemented.

A further signal conditioning technique is the sinusoidal
eccentricity removal. This is necessary as the signal condi-
tioning algorithms are sensitive to phase information. Typi-
cally, measurements are taken using a turnable or motorized
turning mechanism. It can occur that the centre of the micro-
phone capsule does not correspond exactly to the centre of the
rotation. In this case, the time delays over angle must be
compensated. This compensation is achieved by extracting
the fundamental sinusoid from the time-delay-over-angle sig-
nal.

A further signal conditioning technique is the smoothing
technique. By implementing the smoothing of critical bands
of the frequency domains, noise in the measurement can be
averaged out. Furthermore, some of the reflections can be
reduced which are inherent in the measurements.

A further signal conditioning technique is symmetrising.
The symmetrising is performed by averaging the two halves
of'the polar pattern over each frequency. Optionally, this step
can be performed after the removal of the eccentricity. Pref-
erably, a single spatial function over angle is provided for
each frequency.

In step S3, a spatial response matching is performed using
different algorithms. In order to match the spatial pattern over
frequency, one of several algorithms described hereinafter
can be used. The matching can be performed in the frequency
domainusing FFT for each location and running the matching
over angle bin by bin to minimize the difference between the
model and the target.

The matching can be performed by one of the following
arguments: constrained least squares, least squares DB
match, first order projection, directivity index matching, dif-
fuse field matching and hybrids of these algorithms.

For the constrained least squares L.SC algorithms, a least
square matching formula is used while an on-axis value is
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weighted by a value which is few orders of magnitude greater
than the rest. In addition, the use of different weighting func-
tions is advantageous to take into account the projection from
one-dimensional spatial functions into a two-dimensional
spherical shell.

For least squares DB matching algorithms DBLS, a non-
linear optimization Method is used to minimize the RMS of
the difference in decibels between a model and the target over
the angle. One way to achieve this minimizing of the RMS is
the use of divide-and-conquer gradient descent methor or a
Gauss-Newton algorithm. In addition, the use of the different
weighting functions can be advantageous to take into account
the projection from a one-dimensional spatial function into a
two-dimensional spherical shell. Preferably, this technique is
used with two front-end capsules in the microphone.

For first-order projection, the spatial responses are consid-
ered as being of a first order (a+b cos(phi)) (i.e., an omni
component and a figure of eight component is present).
Accordingly, the output signal is divided into a pure non-
directive pressure part and a pressure gradient sensibility
which is directive and has a figure-eight pattern.

Furthermore, for each frequency, a least squares fit in view
of both sources and target signals is done onto a first order
projection. Therefore, two coefficients are present for the
sources and the targets if a two-capsule front end is used.
Thereatfter, the filter coefficients must be solved to determine
the two coefficients.

In the directivity index matching, the best directivity index
match is searched for. Similar to the least square DB match, a
gradient descent or Gauss-Newton algorithm is used for mini-
mizing the difference between the model and target directiv-
ity index for each frequency.

The diffuse field matching substantially corresponds to the
directivity index matching wherein a diffuse field response is
used for each frequency.

Furthermore, the above described algorithms can be com-
bined. A concatenation of the frequency domain filters can be
made by using L.SC filter responses in the low frequency and
the DBLS response in the high frequency.

Preferably, the spatial response matching is performed by
the constrained least squares methods or the least squares DB
method.

FIGS. 3 and 4 show different polar patterns of a source
microphone as well as a polar pattern of a microphone accord-
ing to the invention. In FIG. 3, the polar patterns of the source
microphone for the front capsule 10 and the back capsule 20
is depicted. Furthermore, an unmatched combined signal 30
and the signal from the target microphone 40 is depicted.

In FIG. 4, the polar patterns of the front and back capsule
10, 20 and a polar pattern 30 obtained based on the DBLS
algorithm as described in FIG. 2 is depicted. Furthermore, the
polar pattern of the target microphone is depicted as 40.

In step S4, it is decided which of the described algorithms
is to be used. Preferably, the DBLS algorithm as described
above is used.

Furthermore, in step S5, the Filter optimization is per-
formed. The parameters of the filters are optimized, for
example, by using critical band smoothing, windowing, trun-
cation, arma modelling and least squares methods.

In the third embodiment, the measurement of the charac-
teristics of the target microphone, the generation of the filters,
the linear implementation and the non-linear implementation
will be described.

FIG. 5 shows a schematic flow chart of a method for deter-
mining characteristics of a target microphone according to a
third embodiment. In step S10, the measurements of the target
microphone are performed, in step S20 the filter parameters
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are generated, in step S30 the linear implementation is pro-
vided and in step S40, the non-linear implementation is pro-
vided. In step S21, the filters are generated, in step S22, the
algorithm is chosen, and in step S23, the optimized filters are
generated.

In the following, the measurements according to step S10
are described in more detail. The equipment for measuring
the characteristics of a target microphone can include a per-
sonal computer, a software running on the computer, for
example like Matlab, sound source, optionally a turntable for
taking measurements over angle, a reference microphone for
equalizing out the response of the speaker (preferably the
speaker should have a flat frequency response), a front end
microphone and anechoic chamber to simulate a plane wave
as well as possible.

During the measurement of the target microphone, the
magnitude and the phase of the microphone response over
angle is determined and can be stored as a set of impulse
responses. Preferably, the measurements are taken using
exponential sinusoidal sweeps. This is advantageous to trun-
cate out the non-linearities of the speaker. Optionally, a longer
sweep length (at least 131072 samples) is provided in order to
increase the SNR.

The angle of the microphone can be changed with at least
5 degree increments. Optionally, one vertical and one hori-
zontal ring can be provided for each microphone. In addition,
diagonal measurements can be performed as well. The mea-
surements can be taken at various azimuth and elevation
angles.

In order to measure the current filters, the measurements
can be performed at a distance of for example two meters. If
the distance is increased, the planar characteristics of the
incident sound wave can be increased as well. The micro-
phone should be aligned with the acoustic center of the sound
source.

Preferably, a reference measurement is performed on the
measurement set-up. This is advantageous to normalize the
speaker response. Preferably, the position of the reference
measurement should correspond to the location of the mem-
brane of the target microphone. The reference measurements
should be performed at preferably identical room conditions
like temperature etc. Optionally, two reference measurements
can be obtained, one before starting and one after finishing the
measurements. Optionally, the reference measurements are
performed based on a single impulse response. A reference
measurement over angle is not required.

During a front end measurement, all capsules should be
measured simultaneously. Optionally, different instances of
the front end microphone can be measured and an average is
determined.

Optionally, a plurality of measurements is performed for
each microphone in order to create an average of all measure-
ments. This should be advantageous in view of a robust simu-
lation.

In the following, the generation of the filters is described in
more detail. The generation of the filters can be performed in
three steps, namely: generation of the filters, choice of the
algorithm and filter optimization.

In order to achieve linear filters, data conditioning is per-
formed and a frequency response curve of the various filter
algorithms are created over angle.

In step S22, the algorithm is chosen. One option is the
rated/constrained least squares method. In order to improve
the results, listening tests as well as numerical analysis can be
used. The listening test can be performed based on a plurality
of different types of content at a plurality of distances on
access as well as off access. In addition, the closeness of
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proximity effect measurements or directivity index measure-
ments can be performed. The quality of the resulting filter
parameters can be tested by performing standard microphone
measurements.

The ideal filter can be chosen in the frequency domain and
then an IFFT (an inverse FFT) can be performed.

For optimizing the filter, smoothing the frequency
response/truncation of the FIR filter or the creation of an IR
filter for the front end microphone can be performed. The
smoothing of the frequency response/truncation of the FIR
filter is performed by frequency domain smoothing to reduce
the length of the FIR filter. During the creation of an IR filter
for the front end microphone, the front channel filter is con-
verted into a minimum phase 1R filter capturing the desired
front channel frequency response. A FIR filter is used for the
back channel comprising the correct relative phase differ-
ences and frequency responses.

In step S23, the optimized filters are generated. The
improvement can be performed by using more than the two
microphone capsules (front end and back end). To further
improve the fitting over frequency and angle, a more powerful
non-linear optimization can be used.

According to a third embodiment, the implementation of
the linear portion of the microphone simulation can be per-
formed as described in FIG. 1 where the first and second
filters are arranged after the two microphone capsules.

In step S40, the non-linear implementation is performed.
According to the invention, a saturation curve modelling
(simple tube distortion modelling) and a compression mod-
elling (envelop distortion) is performed. Alternatively, in step
S40, a linear implementation can be performed.

While this invention has been described in conjunction
with the specific embodiments outlined above, it is evident
that many alternatives, modifications, and variations will be
apparent to those skilled in the art. Accordingly, the preferred
embodiments of the invention as set forth above are intended
to be illustrative, not limiting. Various changes may be made
without departing from the spirit and scope of the inventions
as defined in the following claims.

What is claimed is:

1. A microphone modeling device for imitating the fre-
quency dependent polar pattern of a target microphone, the
microphone modeling device comprising:

at least a first microphone capsule arranged as a front

capsule and a second microphone capsule arranged as a
back capsule;

at least a first and a second filter, wherein the first filter is

coupled to the first microphone capsule and the second
filter is coupled to the second microphone capsule; and

a summation unit for summing the outputs of the first and

the second filter and for outputting a summation signal;

wherein the microphone modeling device provides a

microphone modeling device output signal that is based
on the summation signal, thereby providing a spatial
response of the microphone modeling device, and
wherein the first and the second filters perform audio pro-
cessing based on filter parameters and wherein the filter
parameters of the first and second filters are determined
beforehand using a method comprising the steps of:
measuring spatial responses of the first and the second
microphone capsule by determining sets of impulse
responses of the first and the second microphone cap-
sule for different sound incident angles;
measuring a spatial response of the target microphone
by determining a set of impulse responses of the target
microphone for different sound incident angles,
wherein the impulse responses comprise magnitude
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and phase frequency response information over the
sound incident angle for the respective microphone;
matching the spatial response of the microphone mod-
eling device to the spatial response of the target
microphone by adjusting the filter parameters of the
first and second filters based on a spatial response
matching algorithm such that the microphone model-
ing device with respect to the polar pattern over fre-
quency performs as the target microphone.
2. The microphone modeling device according to claim 1,
wherein the spatial response matching algorithm is one of:
a constrained least squares algorithm;
a decibel (dB) based least square algorithm;
a first-order projection algorithm;
a directivity index matching algorithm; and
a defuse field matching algorithm.
3. The microphone modeling device according to claim 1
further comprising:
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a model unit where the summation signal is undergoing a
further processing for obtaining the microphone model-
ing device output signal; and

wherein the further processing is based on a linear or non-
linear model.

4. The microphone modeling device according to claim 1,

wherein the method for determining the filter parameters
further comprises the step of:
performing a signal conditioning on the determined

impulse responses;
wherein the signal conditioning comprises at least one
of:
a time alignment;
a truncation of the measurement data;
a sinusoidal eccentricity removal;
a smoothing; and
a symmetrising by averaging two halves of the
polar pattern for each frequency.
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